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A P.C.M. SOUND-IN-SYNCS SYSTEM FOR OUTSIDE BROADCASTS 



Summary 

The standard Sound-in-Syncs system that has been developed for use on distri- 
bution networks has shortcomings when used on temporary links of poor quality. 

A ruggedised version is described which, in exchange for a reduction in audio 
bandwidth and signal-to-noise ratio, provides sound and vision circuits over links which 
have been degraded to an extent where they would normally be regarded as unusable. 

Field trials of the system, using experimental equipment, are being conducted 
by Television Outside Broadcasts under service conditions. 



1. introduction 

The BBC Sound-in-Syncs system is one whereby the 
sound signal accompanying a video signal is converted into 
binary pulse-code modulation and inserted into the line 
synchronising period of the video signal. The resultant 
combined sound and video signal is of a form suitable for 
use on a single vision circuit. 

A system of this kind, which provides a high-quality 
music channel for each video circuit, is being adopted for 
use on the contribution and distribution networks linking 
studio centres and transmitters for both BBC-1 and BBC-2 
networks. Details of this system in its experimental form, 
including principles of operation, instrumentation and per- 
formance, have been given in a series of Research Depart- 
ment reports. '■' The sound channel has a bandwidth 
of 14 kHz and a peak signal to peak weighted noise ratio of 
66 dB. This performance is maintained over networks 
which introduce distortions to the video signal to a degree 
exceeding the worst-case distortions that are expected on 
the permanent United Kingdom distribution and contri- 
bution networks. The system, hereafter referred to as 
'standard S.I.S.', will likewise operate satisfactorily on the 
majority of temporary links. Some temporary circuits how- 
ever, in particular long distance or mobile links as used for 
Outside Broadcasts, can produce such severe distortions 
through fading or multipath propagation that the high- 
quality standard S.I.S. will fail. 

For Outside Broadcast applications there would be 
particular advantages in adopting the Sound-in-Syncs prin- 
ciple for mobile operations. It would be necessary to set 
up only one vision link for both sound and video, and this 
would probably ease the weight and power problems for 
transmissions from, say, a helicopter. 

This report describes a Sound-in-Syncs system, de- 
veloped for Outside Broadcast applications, which will be 
referred to as the 'ruggedised S.I.S.' By the use of flywheel 
synchronisation and error detection circuits, the system 



has been made to operate to higher levels of vision link 
noise and multipath distortion than the standard system, in 
exchange for reduced bandwidth and signal-to-noise ratio 
in the sound channel. 



2. Essential differences 
ruggedised systems 



between standard and 



Before discussing the requirements for an O.B. system 
it is as well to consider why the standard S.I.S. fails when 
subject to the type of distortion created by poor propaga- 
tion conditions on temporary circuits. The primary cause 
of distortions in such circuits is loss in the main trans- 
mission path, as a result of which noise and multipath 
effects can reach high levels. Other link parameters, 
associated with frequency and phase characteristics, remain 
fairly constant. 

The standard S.I.S. system fails when added noise 
causes malfunctioning of the sync separator at the receiving 
terminal. This effect, which can be detected by fairly 
simple techniques, occurs when the peak noise exceeds half 
the sync pulse amplitude, i.e. at a peak video signal to 
unweighted r.m.s. noise ratio of approximately 23 dB.* In 
the ruggedised S.I.S., improved performance is obtained by 
employing a line flywheel separator that will operate with 
high levels of noise. Failure of the sound channel then 
occurs if the peak noise exceeds half the sound pulse ampli- 
tude. These pulses excurse from sync bottom to peak 
white and are 10 dB greater in amplitude than the sync 
pulses; the video signal-to-noise ratio can be therefore 
reduced to approximately 13 dB before the effect of digit 
failure becomes disturbing. Sync failure will not now 
determine the limiting operating point of the sound signal 
and it is necessary to include some form of error detection 
within the sound pulse group to prevent disturbances to the 
audio output signal. 

* This assumes the peak noise to be 13 dB above r.m.s. noise. 
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In the presence of mid-frequency losses or echoes on 
the link — in particular echoes of the order of 5/is delay — 
the standard S.I.S. will produce a 'sound-on-vision' effect 
if the distortions are above a certain level. ^ This effect 
occurs because these types of distortion produce pertur- 
bations on the back porch of the video signal due to the 
variation in the mean DC level of the sound pulse group. 
In the standard system, the perturbations are reduced in 
the receiving terminal by reinserting the back porch, but 
on temporary links, echoes can exceed a level of 2%, which 
is the maximum for satisfactory operation. If therefore 
the ruggedised version is to operate satisfactorily under 
these conditions the sound pulse group must have a more 
nearly constant mean DC level than in the standard system 
thereby reducing disturbances to the video signal and 
preferably eliminating the need to replace the back porch. 

The standard and ruggedised sound-in-syncs systems 
will not be compatible; this is of little concern since it is 
unlikely that the two will be required to work in tandem in 
coded form. In practice the ruggedised system will be used 
to feed a remote source to a central M.C.R. from which the 
standard system could be used to feed the main contribu- 
tion network. The mixing within an M.C.R. is carried out 
with the signals in analogue form, thus providing the 
necessary interface between the two systems. 



3. System design considerations 

3.1. Choice of system parameters 

The method of approach in determining the system 
parameters for the ruggedised S.I.S. differs from the 
approach adopted for the standard system. In the latter 
case the number of sound pulses was largely dictated by 
the high quality required for the sound channel. For the 
present system, the form of the sound pulse group was 
chosen for maximum resistance to distortion, and the most 
efficient way of using the group to carry a sound channel of 
adequate quality for most outside broadcasts was then 
determined. 

3.1.1. Space available and number of pulses 

The factors determining the time slot available for 
the sound pulse group within the 4-7 fxs synchronising 
pulse period have been considered previously for the stan- 
dard S.I.S. system, and apply equally to the ruggedised 
system. 3'8 iJis was regarded as the maximum time available 
to maintain adequate isolation between the sound and video 
signals. Subsequent development in the production of 
operational equipment for the standard S.I.S. has improved 
sync separator performance and the time slot available for 
the digit pulses has thus been increased to 4 /is. For the 
ruggedised S.I.S. system, however, a still higher order of 
performance is required from sync separator circuits and it 
was considered wise, in spite of the use of flywheel circuits, 
to revert to a 3-8 /Js time slot for the sound pulse group. 

The shape of the sound pulses is chosen to give the 
greatest isolation between pulses while obtaining the highest 
packing density, and it was decided for the same reasons as 
presented previously to use the raised cosine or 2T form. 



The half-amplitude duration of this pulse must be consistent 
with the link bandwidth, which, for 625-line colour signals, 
is guaranteed to be at least 5 MHz. The half-amplitude 
duration of the 2T sound pulses was therefore chosen to be 
1/5 MHz = 200 ns. 

To maintain the greatest isolation between pulses, 
the optimum spacing is used in which the epoch of one 
pulse co-incides with the zero of the adjacent pulses; this 
corresponds to a spacing of 200 ns. The number of such 
pulses that can be accommodated within a 3-8 //s interval is 
18. 

3.1.2. Form of sound pulses 

To obtain constant mean level of the pulse group it 
is necessary to always have the same number of 1'sand O's 
within the group. This condition could be met by con- 
verting the binary code to a form requiring additional 
digits and using only those codes having the same number 
of 1's and O's. The need for error checking could be 
satisfied by the addition of parity or check digits, a simple 
parity code giving an effective check of errors in the com- 
plete pulse group. The same added digits cannot however 
meet simultaneously the requirements for constant mean 
level and error checking unless a high degree of redundancy 
is allowed. Furthermore, it is desirable that the error 
check shall indicate which digits are in error, since errors 
in a most significant digit can cause heavy interference to 
the sound and must therefore be concealed, whereas an 
error in a least significant digit will be almost imperceptible 
and can be allowed to pass uncorrected. The system pre- 
ferred, mainly on the grounds of simple and reliable instru- 
mentation, is one whereby each group of coded digits is 
interleaved with its complement, that is, a group of pulses 
with O's substituted for 1's and vice versa. Constant mean 
level is then obtained and each wanted digit can be checked 
by examining the adjacent complementary digit. Of the 18 
digit positions available within the pulse group, the first 
must be assigned to a marker pulse for detection purposes. 
In the experimental equipment, 9 of the remaining 17 
positions are allocated to the coded sound digits and 8 to 
the complement; the digit which has no complement is a 
digit of least significance. The deviation from constant 
mean level is only 5% of the total pulse amplitude and is 
related to changes in a least significant digit only; the 
changes are likely to occur at or near sampling rate and any 
perturbations of the video signal through link distortions 
will therefore have low visibility on a displayed picture. 
In addition, as in the standard S.I.S., the least significant 
digit is placed next to the marker pulse and is thus as far as 
possible from the video signal, with which it might interfere. 

The arrangement for the digits within the sound pulse 
group is thus: marker pulse, least significant digit, com- 
plement of 8th digit, true value of 8th digit, complement of 
7th digit, etc. The sound pulse group is illustrated in Fig. 1 
which was photographed for a fixed coded sound digit 
pattern of all 1's. 

3.1.3. Parameters of sound channel 

The sound signal to be transmitted over a temporary 
O.B. link will consist mainly of commentary and/or effects. 
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Fig. 1 - Sound pulse group inserted into tfie line sync 
waveform 



There will usually be some form of background noise 
present, for example crowd noises from a sporting event. 
It is not essential therefore to have the wide bandwidth and 
high signal-to-noise ratio of a music circuit. In addition, 
artifices can be adopted for effecting improvements to the 
circuit performance which would not be allowable for high- 
quality circuits. 

As indicated in the previous section, during each line 
synchronising period only 9 binary digits are allocated for 
the sound channel. If the p. cm. system is to have an 
acceptable signal-to-noise ratio then all 9 digits must be used 
to code each sample of the audio signal. It follows that the 
sampling rate must be equal to the television line frequency, 
i.e. 15-625 kHz. Allowing for the limitations of practical 
filters the sound channel will have a bandwidth of 7 kHz, 
which is adequate for the majority of O.B. programme 
material. 

A 9-digit p. cm. system has a peak signal to peak 
weighted noise ratio of 47 dB; this is a little below the 
target of at least 50 dB which was regarded by Outside 
Broadcast engineers as necessary for a 7 kHz O.B. sound 
link. Several methods of noise improvement were examined 
during the appraisal of pulse-code modulation for high 
quality sound. For the present system, syllabic com- 

pandors were rejected due to the added complication of 
providing appropriate expansion at the receiving terminal. 
Instantaneous companding using non-linear elements was 
also considered. However, to avoid distortion, the charac- 
teristics of the compressor and expander must be exactly 
complementary; this requirement can be met well enough 
for telephony but it was considered too exacting for the 
present application. The degree of noise improvement 
required is of the order of 6 dB which can be obtained by 
using pre- and de-emphasis of a form similar to the standard 
CCITT curve as used for music-in-band circuits. This 
method of improvement relies on the assumption that 
high-frequency components of the signal are smaller in 
amplitude than those of low frequency. The spectrum of 
speech nearly satisfies this condition, but an O.B. trans- 
mission may contain incidental sounds having strong high- 
frequency components. To protect against occasional 



overloading of the p.c.m. system at high frequencies the 
pre-emphasis is therefore followed by a limiter which re- 
duces the pre-emphasised high-frequency components only, 
thus minimising the audible effect of the protective 
operation. 

An experiment set up to prove the validity of the 
above considerations indicated that approximately 6 dB of 
increase in signal-to-noise ratio could be obtained with an 
imperceptible degradation on the majority of programme 
material likely to be encountered on Outside Broadcasts. 

The incorporation of de-emphasis has the advantage 
that discontinuities in the audio signal through digit errors 
caused by noise or other distortions on the vision link will 
also be de-emphasised and have a subjectively less annoying 
effect on the sound signal. 

3.2. Practical system requirements 

Engineers from Tel. O.B. were consulted at an early 
stage of development to ensure that useful operational 
facilities could be incorporated in the experimental equip- 
ment. It was apparent that the equipment should be self- 
contained with a minimum of operational controls, and tha.t 
all necessary controls should be simple to operate with 
simple indications of the correct settings. 

3.2.1. Video requirements 

In the S.I.S. system the video signal acts as a carrier 
for the sound signal and to ensure continuity of the sound 
during video failures,, measures must be taken to switch 
automatically to an externally supplied mixed syncs wave- 
form. For the ruggedised system, where external syncs may 
not be available, provision must also be made to switch an 
internally generated line sync waveform. 

Separated sync pulses are used as references for gating 
the sound pulses in and out of the video waveform. The 
process of sync separation at both sending and receiving 
terminals must be accurate and stable for all conditions of 
the incoming video signals. This is particularly important 
for the flywheel separator in the receiving terminal which 
must operate satisfactorily with high levels of noise. 

Some O.B. picture sources, in particular, radio 
cameras, may not be crystal-controlled and the ruggedised 
S.I.S. equipment must therefore operate satisfactorily for 
variations of ±2% in the line frequency. 

The process of restoring the video signal to its original 
form is timed from the line flywheel and hence clean sync 
pulses can be restored even with high levels of link noise. In 
order to make the restored video signal more useful in 
subsequent processing equipment the complete sync pulse 
is replaced, rather than the bottom and back edge only as in 
the experimental version of the standard S.I.S. equipment. 
The timing of the re-inserted syncs must therefore be 
precise, especially if the remote source pulse timings are 
being controlled from an M.C.R., as in Genlock or Natlock 
operations. Following severe distortions or breaks on the 
vision link the sound detection and video restoration circuits 
must revert to correct operation with minimum delay. 



3.2.2. Sound requirements 

The sound input must be capable of accepting 
either normal programme level (0 dBm) from, say, a sound 
mixer handling several inputs, or a low-level (—80 dBm) in- 
put from a single commentators' or effects microphone. In 
the former case the level will be controlled prior to the rug- 
gedised S.I.S. equipment; in the latter case however some 
form of gain control should be available. In addition to the 
two external inputs, a useful feature would be the inclusion 
of a tone generator of known frequency and level which is 
automatically switched into circuit if neither input is 
present. This tone generator, together with the internal 
line sync waveform referred to in the previous section, 
would enable the S.I.S. system to be checked for operation 
without the need for any external sound or video signals. 

To obtain the best signal-to-noise ratio from the 
sound circuit it is essential that the signal input level is as 
high as possible without causing overloading of the p.c.m, 
system. Overloading causes a hard clipping action on the 
signal, producing severe harmonic distortion. To allow a 
greater latitude in input level an input limiter should be 
introduced before the pre-emphasis. This limiter, as well 
as the frequency-dependent device following the pre- 
emphasis, can be of fairly simple construction, since momen- 
tary distortion occurring at the onset of the limiting action 
will not be so audible with speech and other O.B. pro- 
gramme material as with studio music. 

Although the system is protected against overload, the 
incoming sound signal level should be set so that the input 
limiter does not normally operate; In this manner the sub- 
jectively annoying effect of 'gain ducking' is avoided. A 
simple form of level indicator can be included, consisting of 
two lamps which indicate when the peak level exceeds —4 
dBm and +4 dBm respectively. Correct level is then indi- 
cated by only one lamp illuminated. With such an indicator 
the microphone gain control need only operate in steps of 
8 dB; thus only 6 settings are required to cover a range of 
40 dB (-84 dBm to -44 dBm input) which should be 
sufficient to accommodate differences between commen- 
tators' speech level. 

To prevent undue disturbances to the output sound 
resulting from digit or synchronising errors a muting 
arrangement should be included. The operation of the 
mute should be such that low error rates produce almost 
imperceptible breaks to the sound whereas a high error rate 
will completely mute the output sound. 

Some form of simple test signal should also be incor- 
porated within the equipment to check the performance of 
the p.c.m. system. This signal can be most conveniently 
derived from the output of a 9-stage binary counter which 
is clocked at sampling rate, and is equivalent to a sound 
ramp increasing in amplitude by one quantising level for 
each sample. 

To assist rapid recovery of the sound signal following 
a break in the vision link it is preferable that the sound 
detection circuits should be separate from the video 
stabilising amplifiers. In this way the processing time 



constants in the video and sound circuits can be separately 
optimised for fastest recovery. 

4. Description of experimental equipment 

4.1. Combiner 

A block schematic of the Combiner is shown in 
Fig. 2 which illustrates the essential features of the equip- 
ment. 

4.1.1. Input processing — video 

A precision sync pulse separator is employed which 
supplies pulses with a delay of 150 ns with respect to the 
half-height point of the original sync edge, independent of 
the input amplitude. This delay must remain stable to 
ensure that the sound pulse group is inserted in a correct 
and constant position within the line-synchronising period. 

A time delay of 4 television lines is incorporated into 
the video-fail detection circuit to prevent the changeover to 
reserve syncs taking place during short discontinuities in 
the signal that may occur during momentary source faults. 
In the failure condition the reserve syncs are supplied to 
the video processing amplifier to replace the video signal 
and maintain a standard sync waveform. An oscillator 
within the video fail unit operating at 15-625 kHz ± 2% 
provides a line sync waveform if no reserve syncs are 
available. The main output of the video-fail unit supplies 
syncs to the processing amplifier for clamping, and also to 
the 10 MHz oscillator. 

The choice of 10 MHz was made for the master 
oscillator to enable the width and position of pulses 
generated from its output to be timed in increments of 
50 ns, this being the tolerance on pulse width for some 
switching operations. 10 MHz also provides a convenient 
counting frequency for the a.d.c. which has to count a 
maximum of 2' = 512 within a 64 iJ.s line period. Sync 
pulses trigger the oscillator, which runs for 63 /js and is 
then stopped by a pulse generated from the oscillator 
dividers; in this manner erroneous triggering by the half- 
line information of the field block or by noise spikes is 
avoided. The oscillator frequency is automatically con- 
trolled by an a.f.c. loop which maintains the time interval 
between the end of each burst of oscillation and the 
succeeding line rate sync pulse to 1 /isec; all timing within 
the equipment is therefore accurately referred to the input 
line frequency. The time constants within the a.f.c. loop 
are such that single timing errors, for example, those 
associated with non-synchronous cuts, will not affect the 
mean frequency, whereas changes in line frequency caused 
by Genlock or Natlock operations will be followed satis- 
factorily. 

The outputs of the oscillator dii/iders are used for 
generating all the pulses for controlling operations within 
the combiner. 

4.1.2. Input processing — sound 

The combiner provides separate inputs to be con- 
nected to microphone and mixer outputs respectively. 
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When neither of these sources is in use, a 1 kHz line up 
tone from an internal oscillator is automatically applied to 
the limiter input. 

The limiter itself is a fairly simple device consisting 
of a variable-gain amplifier controlled by peak rectified 
signals from its own output. The basic components are 
shovi/n in Fig. 3. Gain is reduced only when the output 
level exceeds the overload point of the p.c.m. system. 
The variable-gain amplifier employs a field effect transistor 
as a voltage-dependent resistor in a simple attenuator net- 
work. Waveform distortion generated by the non-linear 
source-drain impedance of the f.e.t. is reduced to an 
acceptable level by injecting a small proportion of the out- 
put signal into the control path. The nature of the pro- 
gramme material does not warrant the use of delay net- 
works to avoid momentary overmodulation. The optimum 
attack and return time constants* were found by experi- 
ment to be about 300 jus and 500 ms respectively. 

The sound level indicator lamps are operated by 
transistor switches when the rectified programme peaks 
exceed levels of -4 dBm and +4 dBm. 

The functions of pre-emphasis and frequency-depen- 
dent limiting are combined in a single circuit. A close 
approximation to the CCITT pre-emphasis curve is obtained 
from a feedback tone control network, illustrated in Fig. 4. 
The degree of top-lift in this circuit is normally controlled 
by a variable resistor which for the present arrangement is 
replaced by a f.e.t. controlled by rectified signals from the 
output. The limiter action therefore only reduces the 

* TInne constants are measured as the time taken for overshoots to 
reduce by 50% following a aidden change in input signal of 12 dB 
above limiting level. 
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degree of top-lift. The attack time of the limiter is 
300 jus as in the input limiter. The return time is 100 ms; 
this is faster than that of the input limiter but is permissible 
here since only high-frequency signals, >1 kHz, are affected. 
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Following low-pass filtering in a conventional passive 
6-8 kHz filter, the processed sound signal is sampled and 
held, using f.e.t.'s as sampling switches. 

4.1.3. Analogue-to-digital conversion 

The analogue-to-digital converter Is of the counter 
type which has been fully described in a previous report.^ 
In brief, the sampled sound signal is held on one input of a 
level comparator. The other input of the comparator is 
connected to the output of a ramp generator. Following 
the command pulse the counter and the ramp are started. 
When the instantaneous value of the ramp equals the value 
of the held sound sample, the comparator generates a stop 
pulse which inhibits the counter. The binary word held in 
the counter represents the converted sound signal. 

The a.d.c. counter can alternatively be clocked at line 
rate thus generating the digital check signal equivalent to a 
ramp sound signal. 

The 9-bit binary word is transferred for storage to 
alternate positions of an 18-stage shift register, the remain- 
ing 9 positions being occupied by a marker pulse and the 
complement of all but the least significant digit of the 
wanted word. During the next sync pulse the register is 
read out serially at a 5 MHz rate, sampled at the same rate 
to convert the box-car output to pulses and finally filtered 
in a 2T pulse network. 

The 5 MHz clock frequency is derived from a separate 
fixed-frequency oscillator and not from the 10 MHz main 
oscillator. For correct operation of the S.I.S. equipment 
the clock oscillator in each terminal should be stable and in 
the case of the separator, accurately phased with respect to 
the marker pulse. These conditions are most easily met by 
using fixed frequency triggered oscillators. 



4.1.4. Sound and video combination 

The video signal is back-porch-stabilised in a feed- 
back clamp amplifier and the sound pulse group gated by a 
diode switch into the video signal at normal sync pulse level, 
i.e. 0-3 volts below black level. By gating the pulse group 
with reference to black level the insertion is made inde- 
pendent of sync pulse amplitude even in the event of com- 
plete video failure. In addition, the most important part 
of the pulse group, i.e. the centre of the 'eye', is situated in 
a part of the waveform that suffers least from any non- 
linear distortion that may be introduced by the distribution 
link. 

The process of gating the sound pulse group into the 
video signal automatically widens the line rate equalising 
pulses; these are restored to normal width in the separator. 

4.1.5. Construction 

The complete combiner makes extensive use of 
both linear and digital integrated circuits and is constructed 
on plug-in printed circuit cards. In its experimental form, 
the unit, illustrated in Fig. 5, occupies one 19 in. panel. 
The power supplies require 240 volts A.C. and are self- 
contained. It would be possible, if required at a later date, 
to replace the existing units by ones operating from a low 
voltage D.C. source. 

4.2. Separator 

A block schematic of the Separator is shown in Fig. 6. 

4.2.1. Input processing 

Synchronising pulses are separated from the incom- 
ing combined sound and vision signal in two ways. Mixed 
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syncs are separated in a sync separator of almost conven- 
tional design but employing techniques to inhibit the 
operation during the sound pulse group. A full description 
of this type of sync separator was given in a similar report 
concerning the standard S.I.S. system.^ The separated 
syncs are used for generating clamp pulses in the video pro- 
cessing amplifier and as a reference in the sync regenerator. 
They may, if desired, be used for triggering the 10 MHz 
main oscillator ('hard lock' condition), but the preferred 
source of syncs for this operation is the flywheel line sync 
separator which continues to separate line pulses down to a 
video signal-to-noise ratio of 1 5 dB. 

Stable operation of the flywheel with high noise 
levels is obtained by using the leading edge of the sound 
marker pulse as timing reference, and in particular, the half- 
amplitude point, the timing of which is the least affected 
by noise. A schematic of the flywheel is shown in Fig. 7. 
Following rejection of the colour subcarrier the sound pulse 
group is emphasised in a critically damped 2-5 MHz tuned 
circuit; the largest components in the resulting waveform 



level 
detector 
reference 


adjust 
position 




^ 


M- 






rV 


2-5MHZ 


linear 




' 


/ 


combined 






b.p.f 












oscillator 


Y 




signal ^ 





, 


■-yC^ 






^ y 




r 




G 






r 


^sync 


input 


-i_ 


' 


-^ 




r> 


J *^ 


J 








J\ 




output 


4 


43MI 
b.s.f 


■iz 














le 
de 


/el 
tect 


or 


d 


level 
etect( 


)r 




i 






















6 
mo 


TOsIa 


s 

3le 





Fig. 7 - Line flywheel separator 

are those corresponding to the sound pulse group. The 
signal is applied to a linear gate which forms part of a 
closed loop. When the gate is open the pulses are sliced at 
the appropriate point by means of a level detector circuit 
which is supplied with a reference voltage controlled by the 
emphasised signal. The first edge of the output triggers a 



8 



monostable which closes the gate for 62-5 /is, thus stopping 
any other signals from appearing at the output. The gate is 
re-opened within 1-5/xs of the start of the next sound pulse 
group. 



register but to hold the previous word there. The error 
checking is only performed on the first five significant 
digits since errors in the remaining digits do not produce 
objectionable disturbances to the output sound. 



The marker pilse separated as described above synv 
chronises the flywheel blocking oscillator running at the 
line frequency, and a final level detector separates an edge 
from the oscillator waveform which is synchronous with 
the leading edge of line syncs. 

Jitter on the separated syncs is not greater than 20 ns 
for a peak video to r.m.s. noise ratio of 15 dB. 

The 10 MHz main oscillator and divider is a duplicate 
of those in the combiner and pulse decoders working on the 
divider outputs generate all the pulses required to control 
operations within the separator. 

4.2.2. Sound detection 

Separation of the sound pulse group from the com- 
bined waveform, which takes place in the sound take-off 
unit, is effected by blanking the video signal to a level equal 
to the bottom of the sound pulse group. The isolated 
pulse group is then detected at the half-height point in a 
high-gain comparator stage, the reference for the latter 
being derived by detection of the peak of the pulse group. 
The complete process is illustrated schematically in Fifl. 8. 
The peak rectified value of the signal on the primary of the 
1:2 transformer is equal to the half-height value of the signal 
at the secondary of the transformer. The time constants of 
the peak detectors correspond to line rate and therefore the 
detection process follows line-by-line variations that may 
be present on the input combined signal. 
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Fig. 8 - Separation and detection of sound pulse group 

The sliced digits from the sound take-off units are 
sampled at the serial input of an 18-stage shift register in 
which the digits are temporarily stored. Sampling pulses 
are generated from a 5 MHz fixed frequency oscillator 
triggered from the marker pulse. The required 9-bit digital 
word is conditionally passed to a transfer register where it 
can be held if necessary for several line periods. If the 
pulse group separated from the next sync pulse does not 
contain a marker pulse within a prescribed period following 
a sync edge, or if errors are detected within the pulse group 
by examination of the complemented paired digits, a de- 
cision is taken not to pass a new word to the transfer 



The digital-to-analogue converter (d.a.c.) is of the 
counter type operating in the inverse manner to the a.d.c. 
The sampling components remaining in the d.a.c. output 
are removed in a 6-8 kHz low pass filter and finally the 
signal is de-emphasised in a reciprocal network to the com- 
biner pre-emphasis. 

The digital holding process described above effects a 
satisfactory error concealment for faults affecting up to 
four successive sound pulse groups. For longer errors, 
holding can itself produce objectionable disturbances to the 
output sound by reason of the discontinuities in the signal 
waveform at the cessation of the hold. To remove these 
disturbances a muting circuit is added between the d.a.c. 
and output filter. Muting is initiated by failure of the line 
flywheel separator, failure of the 10 MHz oscillator, or 
digital hold periods in excess of four sound samples. The 
mute circuit, illustrated in Fig. 9, initially holds the instan- 
taneous value of the sound signal and then allows it to 
decay to sound signal mean level. The rate of decay is 
chosen to suit the majority of programme material, which 
in the present case is speech. The mean frequency of 
speech is around 800 Hz and thus the decay time constant 
was chosen to be 1-25 ms. Following the removal of the 
mute the hold is not removed until the sound signal instan- 
taneous value equals the decayed value. Muting in this 
manner has been found to give the least objectionable 
disturbances to the output sound. 

In the standard S.I.S. system, error detection was 
primarily based on examination of the video signal for 
deviations from the standard form and assuming that errors 
had occurred in the sound pulse group. In addition, for 
instrumental reasons the mute had a minimum operating 
time of 2-5 ms. It was therefore possible for the mute to 
be applied unnecessarily. In the ruggedised system however 
the error detection system operates as a result of errors 
within the pulse group or complete loss of synchronisation 
of the separator, and the methods of concealment only 
operate for the duration of the fault. 
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Fig. 9 - Sound mute 



4.2.3. Restoration of the video signal 

The video signal is stabilised in a feedback clamp 
amplifier, the sync period, which includes the sound pulse 
group, is blanked to black level and a new sync waveform 
added. The new waveform containing the correct width 
equalising pulses is supplied by the sync regenerator which 
provides the appropriate pulses through line-by-line interro- 
gation of syncs separated from the combined sound and 
vision signal. The inherent delay of the regenerator is com- 
pensated by a video delay preceding the processing amplifier 
and thus the precise time relationship between picture and 
syncs is retained. The new syncs are restored to the correct 
level by reference to the broad pulses in the combined 
signal. If no field information is present in the input 
signal the syncs will be restored to approximately half- 
amplitude; this was not regarded as a shortcoming since the 
equipment will normally be used with standard signals. 

The restored video waveform is illustrated in Fig. 10. 
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Fig. 10- Restored video waveform 



The replacement of the syncs by a waveform which 
has been derived from the line flywheel gives a clean and 
stable signal even when there is a high noise level on the 
video link. This is illustrated in Fig. 11 which shows the 
restored video waveform for a link video signal-to-noise 
ratio of 17 dB. 

It should be noted that since the flywheel operates 
from the sound pulse group it is necessary to use the 
separator in the hard lock mode if it is required that the 
equipment should be used with a standard, non-S.I.S. 
signal. 

4.2.4. Construction 

The complete separator makes extensive use of 
linear and digital integrated circuits and is constructed on 
plug in printed circuit cards. In its experimental form, the 
unit, illustrated in Fig. 12, occupies one 19 in. panel. 
Indicator lamps are provided to show that the flywheel is 
operating correctly and when the sound output is muted. 
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Fig. 1 1 - Restored video waveform for added linl< noise. 
Signal-to-noise ratio : 17 dB 
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5. Performance 

The complete experimental Ruggedised Sound-in-Syncs 
equipment was subjected to a number of laboratory tests 
to establish the equipment performance and also the 
ability to transmit a satisfactory sound signal under simu- 
lated conditions of severe link distortion. 

Performance under service conditions is at present 
being established by Tel.O.B. in a series of field trials. 

5.1. Video circuit 

5.1.1. Back-to-back performance 

The overall measured performance of the combiner 
and separator connected back-to-back was as follows:- 



2T Pulse/bar ratio 

2T Pulse K rating 

25 lis Bar K rating 

IT Pulse/bar ratio 

Chrominance/Luminance 

Differential Phase dB 

-1-3 dB 
Differential Gain dB 

-1-3 dB 
Non-linearity 
Signal-to-noise ratio 



100% 

<0-25% 

<0-25% 

98% 

No measureable errors 

0-3° 

0-6° 

0-5% 

0-5% 

0-3% 

-55 dB (10 kHz - 5-5 
MHz) pk-pk picture/un- 
weighted r.m.s. noise 
(N.B. Noise takes the 
form of residual cross- 
talk from main oscillator 
dividers). 



The presence of 5 txs echoes superimposes a delayed 
version of the sound pulses on the back porch clamping 
period; the level of the resulting perturbations to the back 
porch was measured as —46 dB with respect to peak video 
signal for an echo of 10%. With the level of echo that 
could be permanently tolerated on an O.B. link the stability 
of the back porch from the ruggedised S.I.S. equipment was 
regarded as adequate. Echoes of higher level may be 
present on mobile links but only for short periods. 

It is of interest to examine the video performance in 
the presence of high link noise. The re-insertion of new 
sync pulses renders the restored video signal more useful 
than the video signal from a link not employing the rug- 
gedised S.I.S. system. This is illustrated in Fig. 1 1. For a 
link signal-to-noise ratio of 20 dB the restored signal has a 
stable sync waveform. When the signal-to-noise ratio has 
fallen to 15 dB the re-inserted line syncs remain stable but 
some errors occur occasionally in the field block; the 
signal will however lock satisfactorily on a picture monitor 
and could therefore be used for transmission. 

Reconnection of the video link following momentary 
breaks of less than 10 seconds does not cause any undue 
disturbance to the restored video. For longer breaks — 
exceeding 1 minute - the restored video takes one to two 
seconds to stabilise due to the finite recovery time of the 
flywheel and a.f.c. controlled main oscillator. 



5.2. Sound circuit 
5.2.1. Back-to-back performance 

The overall performance of the combiner and 
separator measured back-to-back was as follows: — 



Signal-to-noise ratio 



M 



Amplitude/Frequency Response 
Programme input 
Mic. input-maximum gain 
Distortion at 1 kHz 



±0-5 dB (30 Hz -6-5 KHz) 
—54 dB peak signal to peak weighted noise 
—40 dB peak signal to peak weighted noise 
-54 dB 



Residual amplitude of sound 
pulses in restored video 

Residual switching spikes 

Separator input level range 

Operating temperature range 

Operational warm-up time 



-37 dB 
±20mV 
-i-3dBto-10dB 
3°C to 55°C 
30 seconds 



5.1.2. Performance in the presence of link distortions 

Tests indicated that mid-frequency distortion pro- 
ducing tilt on a 25 ^fs bar corresponding to a 15% K rating 
gave a just perceptible sound-on-vision effect on the dis- 
played restored video signal. It is unlikely that distortions 
of this magnitude would be experienced in practice. 



Noise and distortion is largely determined by the 9- 
digit p.c.m. system. 

The amplitude/frequency response figures are for an 
input level of dBm; for higher, levels there is some 
reduction of high-frequency response due to the effect of 
the frequency-dependent limiter. The change of response 
with input level is illustrated in Fig. 13. 

5.2.2. Performance in the presence of link distortions 

The performance of the sound circuit was not tested 
for extreme cases of all forms of link distortion. Routine 
tests were however carried out for distortions as specified 
for 2 United Kingdom Reference Chains'^ in tandem under 
maintainence conditions; the sound circuit remained 
•distortion-free for all those conditions. 
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Tests for extreme cases of link distortion were made 
for only those forms likely to be present under poor 
propagation conditions. 

For increasing link noise level the sound circuit re- 
mained uninterrupted until digital errors occurred. The 
signal was still usable for a further increase in noise of 
3—4 dB by virtue of the holding and muting techniques. 
Beyond this latter point the sound Circuit was completely 
muted. Detailed performance to noise is given in the 
following table. 



High level echoes of this magnitude wil 
experienced for brief periods only. 



in general be 



Performance of 


Peak Signal to r.m.s. Noise Ratio 




Sound Circuit 


Flat Noise Triangular Noise 




Weighted 


Unweighted 


Weighted 


Unweighted 


Distortion-Free 


>23-5 


>18 


>26-5 


>14 


Usable 


20-5 


15 


23-5 


11 


Muted 


16-5 


11 


20-5 
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Multipath propagation gives rise to echoes, and tests 
with echoes of approximately 5 /is delay indicated that the 
sound circuit remained undisturbed for echoes up to 80%. 
The simulation was carried out by adding the delay at video 
frequencies, and it was thought that a delay of similar mag- 
nitude but added in the r.f. path of a link may have a 
different effect when demodulated to video. This was 
confirmed by experiment with an f.m. modulator and de- 
modulator in which an echo was added at r.f. For high- 
level echoes the wanted pulse group was disturbed to a 
greater extent than with the same level echo. added at 
video. There was little difference however for echoes less 
than 10%. For echoes added in the r.f. path the ruggedised 
S.I.S. sound circuit was undisturbed for levels up to 60%. 



In some situations the link and terminal equipment 
may be operated from temporary power sources and the 
video signals may therefore be subject to added 50 Hz hum 
or square waves. The ruggedised S.I.S. system will tolerate 
hum to 3 volts pk to pk or 50 Hz square wave 1 volt pk to 
pk. 

Impulsive interference and interruptions to the signal 
of up to 3 ms duration caused no significant interruption to 
the sound signal. Breaks of longer periods caused audible 
interruption but with typical O.B. programme material the 
cessation and return of the signal was clean with no clicks 
or plops. 

In general the sound circuit remains usable to a point 
where either the link would be regarded as unusable for the 
transmission of colour signals or, as in the case of echoes, to 
a point where it would be desirable to improve the link 
performance. 

6. Conclusions 

The ruggedised Sound-in-Syncs system has demonstrated 
the technical feasibility of extending the operational advan- 
tages of combined sound and video signals to temporary 
links as used for television outside broadcasts. With poor 
propagation conditions on such temporary links the system 
provides usable sound and video circuits to a point where 
the link would normally be regarded as unusable. 

Field trials of the system using the experimental 
equipment are being conducted by Tel. O.B. under service 
conditions. 
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